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(54) A hearing aid with adaptive microphone matching 



(57) The present invention relates to a hearing aid 
or instrument which is adapted to match or balance av- 
erage signal levels between at least two input signal 
channels and their respective microphone elements so 
as to allow the hearing aid to maintain optimum direc- 
tional characteristics over time. According to a first as- 
pect of the invention a processor of the hearing aid is 
adapted to determine a difference in average signal lev- 
el between the two input signals. The difference in av- 



erage signal level is integrated over time to determine 
a differential level value and the differential level value 
is compared to a threshold value. A correction parame- 
ter value of at least one input signal channel based on 
the result of said comparison is adjusted to reduce the 
difference in average signal level between the two input 
signals. 

The present invention also relates to a correspond- 
ing method of operating a hearing aid. 
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Description 
Technical Field 

[0001] The present invention relates to a hearing aid 
or instrument which is adapted to match or balance av- 
erage signal levels between at least two input signal 
channels and their respective microphone elements so 
as to allow the hearing aid to maintain optimum direc- 
tional characteristics over time. The present invention 
furthermore relates to a corresponding method of oper- 
ating a hearing aid. The hearing aid may comprise an 
analogue signal processor or a Digital Signal Processor 
(DSP) adapted to control characteristics, e.g. gain and/ 
or frequency response, of one or more of the input signal 
channels. 

Background Art 

[0002] Hearing aids with adaptive microphone match- 
ing systems that seek to balance long term characteris- 
tics of a pair of omni-directional microphones are known 
in the art. DE 1 98 22 021 to Siemens discloses a direc- 
tional hearing aid with an adaptive analogue matching 
circuit which controls the gain of an adjustable pream- 
plifier in an input signal channel. The value of the gain 
is derived from a measured difference in average output 
signal level between the input signal channels. 
[0003] DE 1 98 49 739 to Siemens discloses a direc- 
tional hearing aid that also comprises a pair of micro- 
phones and associated input signal channels. A DSP 
based adaptive matching algorithm is employed that al- 
low characteristics of one of the input signal channels 
to be adjusted by a control element arranged in a feed- 
forward error correction loop. The error correction loop 
operates to determine a difference in average signal lev- 
el between the pair of microphones and uses a detected 
difference to adjust a setting of the control element. 
[0004] The above-mentioned hearing aids aim at 
compensating for long term, drift in characteristics of the 
employed microphones and/or aim at making it feasible 
to use relatively low cost unmatched microphone pairs. 
However, there remains a need in the art for an adaptive 
matching methodology and hearing aid that allow for 
long time constants, preferably in the order of hours or 
days, for the adaptive matching process to avoid audible 
modulation of the microphone signal(s). The adaptive 
matching methodology employed should preferably al- 
so be well suited for implementation in a low power DSP 
of a digital hearing aid. Furthermore, the above-men- 
tioned prior-art adaptive matching circuits and methods 
also lack means which are able to detect anomalous in- 
put signal conditions and eitherslowdown or completely 
halt the adaptive matching process under such condi- 
tions e.g. by suitably steering the adjustment of a con- 
trolled element(s). Field trials and clinical research per- 
formed by the present inventors have demonstrated that 
an erroneous matching between the input signal chan- 



nels is likely to occur if the adaptive matching process 
is allowed to continue, i.e. by adjusting the correction 
parameter value, under such anomalous input signal 
conditions. 

5 [0005] Due to severe constraints on power consump- 
tion and size of hearing aid DSPs, it would furthermore 
be highly advantageous to design the adaptive match- 
ing circuit or algorithm in a way that minimises the use 
of DSP hardware and software resources, e.g. data 

10 word lengths and computational load, in particular mul- 
tiplications. 

Description of the Invention 

15 [0006] A first aspect of the invention relates to a hear- 
ing aid comprising: 

a first input signal channel adapted to generate a 
first input signal associated with a first microphone, 

a second input signal channel adapted to generate 
a second input signal associated with a second mi- 
crophone, and 

a processor adapted to determine a difference in 
average signal level between the first and second 
input signals, 

integrate the difference in average signal level 
over time to determine a differential level value 
and compare the differential level value to a 
threshold value, 

adjust a correction parameter value of at least 
one input signal channel based on the result of 
said comparison to reduce the difference in av- 
erage signal level between the first and second 
input signals. 

[0007] In the present specification and claims, the 
term "processor" designates one or several separate 
processors and its/their associated registers and/or 
memory circuitry. The processor may be arranged on a 
common integrated circuit substrate or distributed over 
several integrated circuit substrates. In case the proc- 
essor comprises two or more separate processors, e.g. 
a DSP and an industry-standard micro-controller, each 
processor may be adapted to perform individually tai- 
lored and specific task(s) of the adaptive matching proc- 
ess. Thereby, dividing a total computational, or process- 
ing, load into appropriate subtasks tailored to the spe- 
cific characteristics of each processor. 
[0008] The processor may comprise an analogue sig- 
nal processor operating on an analogue, i.e. continues 
time or sampled, versions of the first and second input 
signals. An analogue processor may perform an inte- 
gration of the difference in average signal level over time 
by utilising a continuos time or switched-capacitor type 
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integrator. Likewise, a continuos time or switched-ca- 
pacitor type comparator may be adapted to compare the 
differential level value to the threshold value. The ad- 
justment of the value of the correction parameter may 
be effected by adapting the processor to adjust a gain 
of a programmable preamplifier, e.g. by programming a 
suitable resistor or resistor array, arranged in the at least 
one input signal channel. The analogue processor may 
also comprise digital control circuitry and analogue-to- 
digital converters that are used to e.g. determine the dif- 
ferential level value and perform the comparison with 
the threshold value so that algebraic calculations at 
least partly replace corresponding analogue signal 
processing operations. Alternatively, the processor may 
comprise a DSP adapted to determine and integrate the 
difference in average signal level between the first and 
second input signals and compare the differential level 
value to the threshold value. In that embodiment of the 
invention, the first and second input signals are repre- 
sented by respective digital input signals. These digital 
versions of the first and second input signals may be 
generated by two analogue-to-digital converter located 
within the respective input signal channels or generated 
by a single time-multiplexed analogue-to-digital con- 
verter. 

[0009] The difference in average signal level between 
the first and second input signals may be represented 
by a value that has been obtained by subtracting an av- 
erage signal level of the first input signal from an aver- 
age signal level of the second input signal. Alternatively, 
the difference in average signal level may be represent- 
ed by a ratio between the average signal level of the first 
input signal and the average signal level of the second 
input. 

[0010] The integration of the difference in average 
signal level may be accomplished by a squaring each 
of the first and second input signals, either on a sample- 
by-sample basis or in blocks or frames, and thereafter 
subtracting the resulting squared signals to determine 
the difference in average signal level. Subsequently, a 
discrete summation over a predetermined number of 
samples of the difference in average signal level may 
be performed to determine the differential level value. 
Alternatively, the first and second input signals may be 
individually squared and integrated, or summed, before 
the resulting integrated signals are subtracted from 
each other to determine the differential level value. 
[0011] According to a preferred embodiment of the in- 
vention, the first and second input signals are represent- 
ed by respective 1 6 bit digital signals sampled at 1 6 kHz. 
Each of the digital signals is divided into frames of that 
each contains about 32 - 51 2 samples, such as 56 sam- 
ples, corresponding to time segments of about 3.5 mil- 
liseconds, and each sample in the frame squared to ob- 
tain respective power estimates. The power estimates 
are subtracted and the subtracted power estimate sub- 
sequently subjected to a discrete summation to deter- 
mine the differential level value of the two frames in 



question and subsequently added to a previously stored 
value of the differential level to obtain a current value of 
the differential level. By summing or integrating a plural- 
ity of successively determined differential level values, 

5 this current value of the differential level will represent 
a mapping of a long-term estimate of the difference in 
average signal level between the first and second input 
signals. After the current differential level value has 
been determined, it's numerical value is compared to 

10 the threshold value to determine how to reduce the dif- 
ference in average signal level through appropriate ad- 
justment the correction parameter value. Preferably, the 
value of the correction parameter is adjusted up or down 
in case the numerical value of the differential level is 

is larger than the threshold value according to a sign of the 
differential level value. The value of the correction pa- 
rameter is preferably retained in case that the current 
numerical value of the differential level is smaller than 
the threshold value. If the latter is the case, the current 

20 value of the differential level is simply stored in a general 
purpose register of the DSP and thus ready for being 
updated during the next calculation of its value as de- 
scribed above. 

[0012] If the difference in average signal level be- 

25 tween the first and second input signals is represented 
by a subtraction of the average signal levels, the thresh- 
old value may be selected within a range of 0.01- 0.04, 
preferably between 0.016 and 0.02, corresponding to 
differences of 0.04 - 0.1 7 dB in integrated signal power 

30 between the first and second input signals. Two thresh- 
old values, symmetrically arranged with respect to 1 .0, 
such as 0.984 and 1.016, may be utilised in case that 
the difference in average signal level between the first 
and second input signals is represented by a ratio. 

35 [0013] By making a running determination of the dif- 
ferential level value and only adjust the correction pa- 
rameter value once the threshold value, or one of the 
threshold values, has been reached, it has been avoid- 
ed that short term fluctuations in the difference in aver- 

40 age signal level between the first and second micro- 
phones lead to relatively rapid adjustments of e.g. the 
gain in one or both of the input signal channels. Such 
rapid adjustments may generate an audible and highly 
objectionable modulation of one or both of the input sig- 

45 nals, particularly if the time constants involved are too 
fast e.g. smaller than 20 or 60 seconds. . According to 
the present aspect of the invention, an appropriate se- 
lection of the threshold value orvalues secures that only 
statistical significant differences in average signal level 

so between the first and second input signals will lead to 
an adjustment of the correction parameter value. At the 
same time, it can be secured that the adjustment is 
made in a correct direction, i.e. actually reduces the dif- 
ference in average signal level. Furthermore, since the 

55 value of the correction parameter only may need to be 
adjusted rather infrequently, battery power from the 
hearing aid's battery is also conserved. 
[0014] Since the differential level value may be posi- 
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tive, negative or zero, it is preferred to first determine 
the numerical value of the differential level and subse- 
quently compare the numerical value to the threshold 
value, represented as a positive number, to determine, 
in a simple manner, whether the threshold value has 
been reached. The sign of the differential level value is 
used by the processor to determine whether the correc- 
tion parameter value should be incremented or decre- 
mented to reduce the difference in average signal level 
between the first and second input signals. Alternatively, 
the differential level value may be compared with two 
threshold values, e.g. of opposite sign but equal magni- 
tude, to determine whether the differential level value is 
within or outside a range between the two oppositely 
signed threshold values. Naturally, each of the first and 
second input signal channels may comprise a dedicated 
and adjustable correction parameter so that both chan- 
nels are adjusted to reduce the difference in average 
signal level. 

[0015] Incrementing or decrementing the value of the 
current correction parameter may be performed in steps 
of a predetermined size. If the correction parameter is 
a gain correction factor of one of the input signal chan- 
nels, the step size may have a value between 2E-16 - 
2E-13 such as about 2E-15 corresponding to a Least 
Significant Bit in a 1 6 bit system. The predetermined 
step size is preferably considerably smaller, e.g. 1024 - 
16384 times smaller, than the numerical value of the 
threshold which may be selected in the range 0.01 - 
0.04, as mentioned above. By selecting a step size 
which is considerably smaller than the threshold value, 
the adaptive adjustment of the correction parameter's 
value is performed very slowly and it is thus secured that 
only long-term statistical significant differences in the 
average signal level between the first and second input 
signals are utilised to control the adjustment of the cor- 
rection parameter's value. 

[0016] The processor is preferably adapted to gener- 
ate a directional signal by processing the first and sec- 
ond input signals and provide a processed directional 
signal to the hearing aid user. The directional signal may 
be generated by delaying one of the input signals with 
respect to the'other and subsequently subtract the input 
signals from each other to form the directional signal. 
The directional signal may be generated solely in one 
particular listening program of a number of different lis- 
tening programs provided in the hearing aid so as to al- 
low a user to select between listening to a directionally 
processed/amplified acoustic signal or listening to a om- 
ni-directional acoustic signal. 

[001 7] The correction parameter may comprise a gain 
correction factor and/or a filter parameter controlling a 
frequency response of the at least one inputsignal chan- 
nel, A difference in average signal level between the first 
and second input signals may be due to a mismatch in 
gain between the firsthand second input channels and/ 
or a difference in sensitivity between the associated mi- 
crophones. Large values of the difference in average 



signal level may, however, also arise because of fre- 
quency response differences between the first and sec- 
ond input channels and/or between the respective mi- 
crophones. It may, in some embodiments of the inven- 

5 tion, be desirable to match the input signal channels 
over only a particular part of a total bandwidth of the 
input signal channels. This may be accomplished by in- 
serting lowpass, bandpass or highpass filters or algo- 
rithms into an adaptive level matching algorithm before 

10 the difference average signal level is computed. A band- 
pass filter with a passband located in the range 200 Hz 
- 1 kHz may be utilised to optimise the matching be- 
tween thefirst and second input signal channels in a low 
frequency range of the total bandwidth. 

15 [001 8] Amplitude response deviations as small as 1 -2 
dB at low frequencies, i.e. approximately 1 00 Hz - 1 kHz, 
between the input signal channels will significantly re- 
duce a low-frequency directionality of the directional sig- 
nal. Consequently, to compensate for such adverse ef- 

20 fects, compensating filter means such as a filter circuit 
or filter algorithm may be inserted in the at least one 
input signal channel. The correction parameter prefera- 
bly controls a pole and/or zero location of an compen- 
sating MR or FIR filter in such a manner that the above- 

25 described amplitude response deviations are fully or at 
least partly compensated. 

[001 9] While some of the prior art systems for adap- 
tive microphone matching in hearing aids have focused 
on feed-forward correction of detected differences in 
30 signal levels, the present applicant prefers to perform 
the adjustment of the correction parameter prior to the 
difference in average signal level is determined. There- 
by, feedback correction is applied to any detected differ- 
ence in the average signal level. Where forward correc- 
ts tion is applied to one or both of the input signalchannels, 
it must generally be performed by adjusting the correc- 
tion parameter with an amount that fully compensates 
for the integrated difference in the average signal level 
because there is no information available with regards 
^0 to the signal level after the correction point or stage to 
ascertain that an improvement in matching between the 
signal channels was actually obtained. Accordingly, 
such a feed-forward system will tend to make large cor- 
rection parameter adjustments in response to large 
45 short term fluctuations in the integrated difference in av- 
erage signal level even in situations where the long-term 
signal levels actually are balanced. As previously de- 
scribed, this may introduce audible modulation into one 
or both of the input signals. According to the present 
50 invention, the differential level value is compared to the 
threshold value and the threshold value may conven- 
iently be selected so as to secure that only statistically 
significant differences in average signal level .between 
the first and second input signals lead to an adjustment 
55 of the correction parameter value. 

[0020] Accordingly, if the first and second input signal 
channels of a hearing aid in accordance with the present 
invention already are balanced, random sub-threshold 
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fluctuations in the differential level value, as mentioned 
above, will not cause random increments or decrements 
to the value of the correction parameter. Instead, the 
current correction parameter value is retained under 
such conditions. 5 
[0021] The integration of the difference in average 
signal level may be performed by a non-leaky integrator 
so that the plurality of successively determined differen- 
tial level values are summed until a current value of the 
differential level reaches the threshold value or falls out- 10 
side a range defined by two e.g. oppositely signed 
threshold values. 

[0022] Subsequently, the correction parameter value 
is appropriately adjusted to reduce the difference in av- 
erage signal level and the differential level value may is 
be reset : i.e. set to a value that represents no differential 
level value. Thereafter, the integration of the difference 
in average signal level may be allowed to continue. A 
significant advantage of this methodology is that the 
processor is relieved from calculating and storing long- 20 
term power estimates of correspondingly long input sig- 
nal segments even though the integration process leads 
to differential level values which each may represent 
very long input signal segments. Such long-term power 
or signal level estimates may be difficult to represent in 25 
a fixed-point processor such as a 16 bit DSP. 
[0023] According to a preferred embodiment of the in- 
vention, the processor is adapted to calculate a spectral 
estimate of a first signal and compare the spectral esti- 
mate to a predetermined criteria to control the adjust- 30 
ment of the correction parameter value. The adjustment 
of the correction parameter value may be controlled so 
that a current value of the correction parameter is re- 
tained when the spectral estimate of the first signal falls 
outside the predetermined criteria. When, or if, the spec- 35 
tral estimate of the first signal again falls inside the cri- 
teria, the current value of the correction parameter is 
adjusted so as to increment or decrement the value 
thereof. A major advantage of the proposed solution is 
that erroneous adjustments of the correction parameter ■ *o 
value are avoided in situations where the hearing aid 
oscillates or the input signal to the first and second mi- 
crophone has a very narrow bandwidth, e.g. if the Input 
signal is a sine wave. 

[0024] The average signal level of the first and second 45 
input signals and their difference may be represented 
by anyone of a number of different well-known level es- 
timates such as absolute or rectified amplitude esti- 
mates, RMS amplitude estimates, energy estimates, 
power estimates etc. so 
[0025] The first and second input signals channels 
preferably comprise respective analogue-to-digital con- 
verters to provide the first and second input signals as 
respective digital signals, and the processor comprises 
a DSP adapted to receive and process the respective 55 
digital signals to generate the directional signal. By 
adapting a DSP to perform the operations of the proc- 
essor, several advantages are provided: the correction 



factor adjustment, the integration of the difference in av- 
erage signal level and the comparison between the dif- 
ferential level value and the threshold value may be per- 
formed by simple algebraic operations using a MAC and 
associated general purpose registers of the DSP. The 
DSP may be a software programmable device wherein 
operations or algorithms are controlled by executing a 
predetermined set of instructions stored within an asso- 
ciated Random Access Memory (RAM). 
[0026] A second aspect of the invention relates to a 
hearing aid comprising: 

a first input signal channel adapted to generate a 
first input signal associated with a first microphone, 

a second input signal channel adapted to generate 
a second input signal associated with a second mi- 
crophone, and 

a processor adapted to determine a difference in 
average signal level between the first and second 
input signals and calculate a spectral estimate of a 
first signal, integrate the difference in average sig- 
nal level overtime to determine a differential level 
value; and adjust a correction parameter value of at 
least one input signal channel based on the differ- 
ential level value to reduce the difference in average 
signal level between the first and second input sig- 
nals, characterised in that 

the spectral estimate of the first signal is compared 
to a predetermined criteria to control the adjustment 
of the correction parameter value. 

[0027] The spectral estimate of the first signal may be 
obtained by applying well-known spectral estimation 
techniques such as Linear Predictive Coding, Discrete 
Fourier Transform, Fast Fourier Transform, filter bank 
analysis etc. 

[0028] The adjustment of the correction parameter 
value may be controlled so that a current value of the 
correction parameter is retained when the spectral es- 
timate of the first signal falls outside the predetermined 
criteria. When the spectral estimate of the first signal 
again falls inside the criteria, the current value of the 
correction parameter is adjusted so as to increment or 
decrement the value thereof. Accordingly, values of the 
differential level which are obtained while the spectral 
estimate of the first signal falls outside the predeter- 
mined criteria are discarded and will not lead to any ad- 
justment of the correction parameter value. If the adjust- 
ment of the correction parameter value is performed in 
steps of a predetermined size, then an alternative to 
suspending the adjustment of the correction parameter 
value is to reduce the step size to significantly smaller 
value than the predetermined size, such as 5 or 1 0 - 1 00 
times smaller. 

[0029] As previously mentioned, one advantage pro- 
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vided by this aspect of the invention is that erroneous 
adjustments of the value of the correction parameter are 
avoided in situations where the hearing aid in an oscil- 
latory state, or in situations where a narrow-band acous- 
tic signal is applied to thefirst and second microphones, 
e.g. a sine wave signal. A hearing aid in an oscillatory 
state, caused by an acoustic and/or mechanical feed- 
back loop, will usually have a feedback transfer function 
that contains contributions from each of the active mi- 
crophones. The individual microphone contributions to 
the feedback transfer function will be generally be of dif- 
ferent magnitude due to minor differences in physical 
placement and orientation of the microphones in the 
hearing aid housing. Accordingly, the first and second 
microphone signals, and thereby also the first and sec- 
ond input signals, will generally display quite different 
levels when the hearing aid oscillates, even when the 
two input signal channels are actually perfectly 
matched. Unless special precautions are taken, an 
adaptive matching system will automatically misalign 
the first and second input signal channel in an effort to 
balance the apparently very differing levels of the first 
and second input signals. Because hearing aid oscilla- 
tion occurs quite frequently, unfortunately, the present 
applicant's solution to that problem constitutes a major 
advance in the art. 

[0030] The first signal may be the first or the second 
input signal or a signal derived from either the first or 
the second signal. In a directional hearing aid wherein 
the directional signal may be obtained by subtracting the 
first and second input signals from each other, the di- 
rectional signal may also serve as the first signal or it 
may be derived from other combinations of the first and 
the second input signal. 

[0031 ] The predetermined criteria is preferably based 
on minimum and maximum values of the spectral esti- 
mate of the first signal. In one embodiment of the inven- 
tion, frequencies for the minimum and maximum values 
of the spectral estimate are determined by the processor 
and a difference between these minimum and maximum 
values is compared to a limit value so that spectral es- 
timates having min/max differences smaller than the 
limit value are considered to fulfil the predetermined cri- 
teria while spectral estimates with min/max differences 
larger than the limit value are considered outside the cri- 
teria. This method allows the processor to discriminate 
between narrow and wideband input signals and only 
adjust the value of the correction parameter solely when 
a sufficiently wideband first signal is present. Alterna- 
tively, 3 dB or 6 dB bandwidths of the spectral estimate 
of the first signal could be determined and utilised as a 
basis for the decision to suspend or carry on with the 
adaptive adjustment of the correction parameter. 
[0032] The adjustment of the correction parameter 
value may be performed in one step that substantially 
eliminates the determined difference In average signal 
level between the first and second input signals, i.e. a 
methodology that seeks to match the input signal chan- 



nels based on a single differential level value. This may 
be accomplished by applying feedforward or feedback 
adjustment of the correction parameter. 
[0033] The adjustment of the correction parameter 

5 value may, alternatively, be performed by comparing the 
differential level value to a threshold value and retaining 
the correction parameter value when the numerical val- 
ue of the differential level is smaller than the threshold 
value while incrementing or decrementing the correction 

10 parameter value when the numerical value of the differ- 
ential level is larger than the threshold value according 
to a sign of the differential level value. The correction 
parameter value may be incremented or decremented 
in steps, each step having a size 1 0 -100 times smaller 

15 than the threshold value, as previously mentioned. The 
correction parameter may comprise a gain correction 
factor and/or a filter parameter controlling a frequency 
response of the at least one input signal channel. Each 
input signal channel may also comprise one or several 

20 correction parameters e.g. a first correction parameter 
that adjusts the gain in the first or second input channel 
and a second correction parameter that adjusts an am- 
plitude and/or phase response of said first or second 
channel. 

25 [0034] A third aspect of the invention relates to a hear- 
ing aid comprising: 

a first input signal channel adapted to generate a 
first input signal associated with a first microphone, 

30 

a second input signal channel adapted to generate 
a second input signal associated with a second mi- 
crophone, and 

35 a processor adapted to: 

determine a difference in average signal level 
between the first and second input signals, 

40 compare the difference in average signal level 

to a threshold value, 

integrate the difference in average signal level 
over time when the difference in average signal 
45 level is smaller than the threshold value to de- 

termine a differential level value, 

suspend the integration of the difference in av- 
erage signal level when the difference in aver- 
se age signal level is larger than the threshold val- 
ue, 

adjust a correction parameter value of at least 
one input signal channel based on the differen- 
55 tial level value to reduce the difference in aver- 

age signal level between the first and second 
input signals. 
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[0035] According to the latter aspect of the invention, 
the hearing aid's processor monitors whether the deter- 
mined difference in average signal level between the 
first and second input signals indicates that anomalous 
input signal conditions exist. Such conditions may be 
caused e.g. by the previously mentioned hearing aid os- 
cillation or by hardware failures such as a defective mi- 
crophone or shortened signal leads. If the difference in 
average signal level is larger than the threshold value 
the processor suspends or halts the integration of the 
difference in average signal level. This assures that the 
calculation of the differential level value is based on ap- 
propriate input signal conditions and not contributions 
from anomalous input signals. The threshold value is 
therefore preferably set to a value sufficiently large that 
it will not be reached unless the previously-mentioned 
anomalous input signal conditions, or hardware failures, 
are present. 

[0036] According to a preferred embodiment of the in- 
vention, the hearing aid is equipped with a pair of un- 
matched omni-directional microphones and an initial 
compensation of measured differences in average sig- 
nal level between the first and second input signals is 
performed during a manufacturing of the hearing aid. 
Values of a gain constant is individually determined for 
each hearing aid by measuring the differences in aver- 
age signal level and calculate an appropriate compen- 
sating value of the gain constant. The value of the gain 
constant is subsequently stored in a non-volatile mem- 
ory location and loaded into an adaptive matching algo- 
rithm of the DSP when the hearing aid battery supply is 
activated. The adaptive matching of the input signal 
channels thereafter operates to compensate for long- 
term drift in this initial compensation by determining the 
difference in average signal level between the first and 
second microphones during actual operation of the 
hearing aid and adjust and store the value of the gain 
constant to maintain optimum matching over the life- 
time of the hearing aid. When the above-described initial 
compensation of measured differences in average sig- 
nal level is performed, the threshold value to which the 
difference in average signal level is compared may be 
set to a relatively low value compared to a case where 
unmatched microphone pairs are utilised so that the 
adaptive matching algorithm must be able to converge 
even though there may exist a relatively large initial dif- 
ference in average signal level between the first and 
second input signals in worst case situations. It is likely 
that such an unmatched microphone pair will display a 
sensitivity difference in a range of 2 - 6 dB. Consequent- 
ly, if the processor is adapted to compare the difference 
in average signal level to the threshold value and sus- 
pend the integration of the difference in average signal 
level if this difference is too large, i.e. larger than the 
threshold, the threshold value must be set to a sufficient- 
ly large value to avoid dead-lock situations. The proc- 
essor is preferably further adapted to compare the dif- 
ferential level value to a second threshold value and re- 



tain a current correction parameter value if the differen- 
tial level value is smaller than the second threshold val- 
ue. The current correction parameter value is incre- 
mented or decremented if the differential level value is 
5 larger than the second threshold value based on a sign 
of the differential level value. 

[0037] A fourth aspect of the invention relates to a 
method of adaptively balancing input signal channels of 
a hearing aid, the method comprising the steps of: 

10 

providing a first input signal in a first input signal 
channel associated with a first microphone and pro- 
viding a second input signal in a second input signal 
channel associated with a second microphone 

15 

determining a difference in average signal level be- 
tween the first and second input signals and inte- 
grating the difference in average signal level over 
time to determine a differential level value, 

20 

comparing the differential level value to a threshold 
value, 

adjusting a correction parameter value of at least 
25 one input signal channel based on the result of said 
comparison to reduce the difference in average sig- 
nal level between the first and second input signals. 

[0038] The method may comprise the further steps of 
30 retaining a current value of the correction parameter if 
the differential level value is smaller than the threshold 
value, and incrementing or decrementing the current 
correction parameter value if the differential level value 
is larger than the threshold value according to a sign of 
35 the differential level value. 

[0039] A fifth aspect of the invention relates to a meth- 
od of adaptively balancing input signal channels of a 
hearing aid, the method comprising the steps of: 

40 providing a first input signal in a first input signal 
channel associated with a first microphone and pro- 
viding a second input signal in a second input signal 
channel associated with a second microphone, 

45 calculating a spectral estimate of a first signal, 

determining a difference in average signal level be- 
tween the first and second input signals, 

50 integrating the difference in average signal level 
overtime to determine a differential level value; 

adjust a correction parameter value of at least one 
input signal channel based on the differential level 
55 value to reduce the difference in average signal lev- 
el between the first and second input signals and 
comparing the spectral estimate of the first signal 
to a predetermined criteria to control the adjustment 
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of the correction parameter value. 

[0040] The adjustment of the correction parameter 
value is preferably suspended when the spectral esti- 
mate of the first signal is falls outside the predetermined 
criteria. 

[0041] A sixth aspect of the invention relates to a 
method of adaptively balancing input signal channels of 
a hearing aid, the method comprising the steps of: 

providing a first input signal in a first input signal 
channel associated with a first microphone and pro- 
viding a second input signal in a second input signal 
channel associated with a second microphone, 

determining a difference in average signal level be- 
tween the first and second input signals and com- 
paring the difference in average signal level to a 
threshold value, 

integrating the difference in average signal level 
over time when the difference in average signal lev- 
el is smaller than the threshold value to determine 
a differential level value, 

suspending the integration of the difference in av- 
erage signal level when the difference in average 
signal level is larger than the threshold value, 

adjusting a correction parameter value of at least 
one input signal channel based on the differential 
level value to reduce the difference in average sig- 
nal level between the first and second input signals. 

Brief Description of the Drawings 

[0042] A preferred embodiment of the present inven- 
tion in the form of a multi-program directional hearing 
aid based on a software programmable proprietary DSP 
will be described in the following with reference to the 
drawings, wherein 

Fig. 1 is a signal flow diagram of an adaptive micro- 
phone matching algorithm for the software pro- 
grammable DSP based hearing aid according to the 
invention, 

Fig. 2 is a graph showing long-term logged values 
of a 16 bit gain constant, K, as calculated by the 
software programmable DSP during a field trial of a 
hearing aid comprising the present adaptive micro- 
phone matching algorithm. 

Detailed Description of a Preferred Embodiment 

[0043] Fig. 1 illustrates, in simplified form, a signal 
flow diagram of an adaptive microphone matching algo- 
rithm 100 implemented by a program routine in a soft- 
ware programmable and low power proprietary DSP 



(not shown). Clearly, the disclosed signal flow diagram 
may also be realised in a commercially available soft- 
ware programmable DSP or by a hard-wired proprietary 
DSP operating according to a fixed set of instructions or 
5 in a DSP build in programmable logic technology, such 
as FPGA technology. 

[0044] The adaptive matching algorithm 1 00 seeks to 
balance an average broad band gain of two input signal 
channels and their associated microphones. The adap- 

10 tive microphone matching algorithm 100 is preferably 
designed to continuously operate during normal use of 
the hearing aid so as to compensate any long-term drift 
in the balance between the microphones and/or circuitry 
within the input signal channels. 

15 [0045] Also shown in Fig. 1 is a pair of omni-direction- 
al microphones 101 , 102 each having an associated in- 
put signal channel with an analogue-to-digital converter 

103 or 104. In the first input signal channel, a micro- 
phone 101 generates a microphone signal which sup- 

20 plied to the first analogue-to-digital converter (A/D) 1 03. 
The A/D 103 and the other A/D 104 are preferably of a 
sigma-delta type and adapted to sample the associated 
microphone signal with sample rate of about 1 MHz. An 
integrated decimator filter is adapted to decimate the 

25 oversampled output signals to provide respective 16 
kHz sampled digital signals with 1 6 bit resolution. A first 
digital input signal 1 40, or first input signal, is transmitted 
to the low power proprietary DSP. 
[0046] In the second input signal channel, micro- 

30 phone 102 generates a microphone signal which sup- 
plied to the second analogue-to-digital converter (A/D) 

104 which generates the second digital signal which 
subsequently is supplied to a gain scaling algorithm 1 35 
which multiplies the second digital signal with a 16 bit 

35 gain constant, K. The value of K may initially, during the 
manufacturing process of the hearing aid, be set to 1 so 
as to maintain balance or matching between the input 
signal channels if the microphones and circuitry within 
the channels are already matched. A static matching fil- 

40 ter 121 is optionally provided in the second input signal 
channel afterthe gain scaling algorithm or operator 1 35. 
This static matching filter 121 may be utilised to com- 
pensate for initial frequency response and/or gain dif- 
ferences between the first and second microphone, 1 01 , 

45 102, respectively, that are detected/measured during 
the manufacturing of the hearing aid. A programming 
system adapted to communicate with the hearing aid 
during manufacturing or testing may utilise measured 
frequency response data for the first and second input 

50 signal channels to calculate an optimum setting of the 
static matching filter's coefficients. 
[0047] An output signal 1 41 of the static matching filter 
121 constitutes a second input signal for the DSP that 
may be adapted to delay output signal 141 with e.g. 20 

55 - 75 \iS and subtract it from the first input signal 1 41 to 
form a resulting directional signal in well-known manner. 
The delay of the output signal 141 may alternatively be 
implemented in the decimator part of the A/D converters 
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103 and 104. 

[0048] Multiplier 105 is used to square the first input 
signal 140 and a summing unit or operation 110 is used 
to form a discrete summation of the squared first input 
signal over a frame of 56 samples. Thereby, providing s 
a first averaged power estimate to an input of a subtrac- 
ter 115. A corresponding averaged power estimate over 
a frame of the second input signal 141 is also provided 
to the subtractor 1 1 5. The subtractor accordingly deter- 
mines or calculates a power signal 1 1 6 that represent a 
difference in average power between the first and sec- 
ond input signals, 140, 141, respectively, and provides 
this powersignal 11 6 to an optional first comparator 120, 
the operation of which will be explained later for the sake 
of clarity. The powersignal is subjected to an integration, 
or discrete summation, in a second integrator 125 to in- 
tegrate the difference in average power level over time 
and provide a differential level value. In order to further 
reduce the computational burden of the DSP, the 
present inventors have found it advantageous to under- 
sample the first and/or second input signals with a factor 
between 2 and 8 such as about 4 before the respective 
averaged power estimates are calculated. Even though 
such undersampling of the input signals will generate 
some amount of aliasing noise, assuming that the input 
signals already are sampled close to the Nyquist rate, 
the undersampling has little effect on the average power 
estimates. Consequently, the proposed undersampling 
of the input signals provides an effective method of sav- 
ing the DSP for a substantial computational load. 
[0049] During normal operation of the adaptive 
matching algorithm 100, i.e. where no anomalous input 
signal conditions are detected, the differential level val- 
ue is continuously updated, in the present embodiment 
for each frame of 56 samples, to form a current value of 
the differential level which represents the integrated dif- 
ference in average power over a time period that stretch- 
es from the present and back to the time where the sec- 
ond integrator 125 was initialized or reset. This second 
integrator is preferably a non-leaky integrator. The cur- 
rent value of the differential level is transferred to a sec- 
ond comparator 130 that compares a numerical value 
of the current differential level to a predetermined 
threshold value. If the numerical value of the current dif- 
ferential level is smaller than the threshold value, the 
current value of the 16 bit gain constant, K is retained 
and if the numerical value of the current differential level 
is larger or equal to the threshold value, the value of K 
is incremented or decremented so as to reduce the dif- 
ference in average signal power between the first and 
second input signals. 

[0050] The threshold value is preferably selected to 
about 0.016 corresponding to a long-term difference in 
average signal powerbetween thefirst and second input 
signals of about 0.07 dB. The16 bit gain constant, K is 
preferably incremented or decremented in steps of 2E- 
1 5 corresponding to one LSB in a signed fixed point 1 6 
bit system. The small value of K combined with a thresh- 



old value so large that only statistically significant differ- 
ences in average signal level between the input signals 
will be lead to adjustments of K, provides the adaptive 
microphone matching algorithm 1 00 with long time con- 
stants without requiring the hearing aid's DSP to inte- 
grate the levels or power of the input signals over very 
long time intervals. Long time intervals inevitably leads 
to numerical problems associated with representing 
very small numbers in a fixed point system. 
[0051] After each adjustment of the value of K ; the 
current value of K is written to an external EEPROM (not 
shown) via a build-in serial interface of the proprietary 
DSP. After the hearing aid's power supply has been 
turned on, the DSP is initialised and the current value of 
K is read by the DSP's application program and trans- 
ferred to the gain scaling operator 135. 
[0052] The optional first comparator 1 20 is preferably 
also inserted into the adaptive microphone matching al- 
gorithm 100, as mentioned above. The first comparator 
compares the power signal 116, which represented the 
difference in average power level between the first and 
second input signals over one frame to an upper thresh- 
old value. The upper threshold value has been selected 
so that only anomalous input signal conditions, which 
may be caused e.g. by the previously mentioned hear- 
ing aid oscillation or by hardware failures such as a de- 
fective microphone or shorted signal or power supply 
leads, will cause the power signal 116 to attain values 
larger the upper threshold value. Power signals 116 
larger than the upper threshold value of the first compa- 
rator 120 are therefore skipped and not transferred to 
the second integrator 125. 

[0053] Fig. 2 is a MATLAB® plot of logged data of the 
development over time of the value of the 16 bit gain 
constant, K, plotted in dB on the Y-axis, versus utilization 
time of the hearing aid, plotted on the X-axis in hours. 
The initial setting of K, as obtained during manufactur- 
ing, is set to 0 dB. During actual operation, i.e. daily use 
of the hearing aid, it can be seen that the initial value of 
K undergoes a gradual adjustment during the first 40 
hours of use, corresponding to about 5 days. K appears 
to reach an asymptotic value of about 1 dB or 1 .12 after 
about 60 hours of use. This adaptive long-term adjust- 
ment of K, reflects a not entirely accurate initial compen- 
sation of the average signal level between the input sig- 
nal channels and/or differences related to changes in 
an acoustical environment of the microphone pair. The 
latter changes being related to differences in sound 
propagation/reflections around the microphone pair in 
the acoustic test box used during the manufacturing 
process and the placement near the hearing aid user's 
head and ear. 



55 Claims 

1 . A hearing aid comprising: 
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a first input signal channel adapted to generate 
a first input signal associated with a first micro- 
phone, 

a second input signal channel adapted to gen- s 
erate a second input signal associated with a 
second microphone, and 

a processor adapted to: 

w 

determine a difference in average signal 
level between the first and second input 
signals, 

integrate the difference in average signal '5 
level over time to determine a differential 
level value and compare the differential 
level value to a threshold value, 

adjust a correction parameter value of at 20 
least one input signal channel based on the 
result of said comparison to reduce the dif- 
ference in average signal level between 
the first and second input signals. 

25 

2. A hearing aid according to claim 1 , wherein the cor- 
rection parameter comprises a gain correction fac- 
tor and/or a filter parameter controlling a frequency 
response of the at least one input signal channel. 

30 

3. A hearing aid according to claim 1 or 2, wherein the 
adjustment of the correction parameter is per- 
formed before the difference in average signal level 
is determined, 

thereby applying feedback correction of detected 35 
differences in the integrated average signal level 
between the input signal channels. 

4. A hearing aid according to any of the preceding 
claims, wherein the adjustment of the correction pa- 40 
rameter value comprises: 

retaining a current correction parameter value 
if the differential level value is smaller than the 
threshold value, and 45 

incrementing or decrementing the current cor- 
rection parameter value if the differential level 
value is larger than the threshold value accord- 
ing to a sign of the differential level value. so 



the threshold value's numerical value. 

7. A hearing aid according to any of the preceding 
claims, wherein the processor is further adapted to: 

reset the differential level value after the thresh- 
old value has been reached. 

8. A hearing aid according to claim 7, wherein the in- 
tegration of the difference in average signal level is 
performed by a non-leaky integrator. 

9. A hearing aid according to any of the preceding 
claims, wherein the processor is further adapted to: 

calculate a spectral estimate of a first signal, 

compare the spectral estimate of the first signal 
to a predetermined criteria to control the adjust- 
ment of the correction parameter value. 

10. A hearing aid according to any of the preceding 
claims, wherein signal levels of the first and second 
input signals are determined from respective abso- 
lute amplitude estimates or power estimates of the 
first and second input signals. 

11. A hearing aid according to any of the preceding 
claims, wherein the first and second input signals 
channels comprise respective analogue-to-digital 
converters providing the first and second input sig- 
nals as respective digital signals, and 

the processorcomprises a Digital Signal Processor 
adapted to receive and process the respective dig- 
ital signals to generate the directional signal. 

12. A hearing aid according to claim 11 , wherein oper- 
ations of the Digital Signal Processor are controlled 
by a predetermined set of instructions stored in a 
Random Access Memory of the hearing aid. 

13. A hearing aid comprising: 

a first input signal channel adapted to generate 
a first input signal associated with a first micro- 
phone, 

a second input signal channel adapted to gen- 
erate a second input signal associated with a 
second microphone, and 



5, A hearing aid according to claim 4, wherein the in- 
crement or decrement of the current correction pa- 
rameter value is obtained in a step of predetermined 
size. 55 

6. A hearing aid according to claim 5, wherein the pre- 
determined step size is considerably smaller than 



a processor adapted to: 

determine a difference in average signal 
level between the first and second input 
signals, 

calculate a spectral estimate of a first sig- 
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nal, 



signal channel. 



integrate the difference in average signal 
level over time to determine a differential 
level value; 

adjust a correction parameter value of at 
least one input signal channel based on the 
differential level value to reduce the differ- 
ence in average signal level between the 
first and second input signals, character- 
ised in that 

the spectral estimate is compared to a prede- 
termined criteria to control the adjustment of 
the correction parameter value. 

1 4. A hearing aid according to claim 1 3, wherein the ad- 
justment of the correction parameter value is sus- 
pended when the spectral estimate fails to fulfil the 
predetermined criteria. 

1 5. A hearing aid according to claim 1 3 or 1 4, wherein 
the predetermined criteria is based on minimum 
and maximum values of the spectral estimate. 

16. A hearing aid according to any of claims 13-15, 
wherein the first signal is the first orthe second input 
signal or a signal derived from a combination of the 
first and the second input signal. 

17. A hearing aid according to any of claims 13-16, 
wherein the adjustment of the correction parameter 
value is performed in one step that substantially 
eliminates the determined difference in average sig- 
nal level between the first and second input signals. 

18. A hearing aid according to any of claims 13-16, 
wherein the adjustment of the correction parameter 
value comprises: 



20. A hearing aid comprising: 

5 a first input signal channel adapted to generate 

a first input signal associated with a first micro- 
phone, 

a second input signal channel adapted to gen- 
10 erate a second input signal associated with a 

second microphone, and 

a processor adapted to: 

'5 determine a difference in average signal 

level between the first and second input 
signals, 

compare the difference in average signal 
20 level to a threshold value, 

integrate the difference in average signal 
level over time when the difference in av- 
erage signal level is smaller than the 
25 threshold value to determine a differential 

level value, 

suspend the integration of the difference in 
average signal level when the difference in 
30 average signal level is larger than the 

threshold value, 

adjust a correction parameter value of at 
leastone inputsignal channel based onthe 
35 differential level value to reduce the differ- 

ence in average signal level between the 
first and second input signals. 

21. A hearing aid according to claim 20, wherein the 
40 processor is further adapted to: 



comparing the differential level value to a 
threshold value, 



compare the differential level value to a second 
threshold value, 



retaining the correction parameter value when 
the numerical value of the differential level is 
smaller than the threshold value, and 



45 retain a current correction parameter value if 

the differential level value is smaller than the 
second threshold value, 



19. 



incrementing or decrementing the correction 
parameter value when the numerical value of 
the differential level is larger than the threshold 
value according to a sign of the differential level 
value. 

A hearing aid according to any of claims 13-18, 
wherein the correction parameter comprises a gain 
correction factor and/or a filter parameter control- 
ling a frequency response of the at least one input 



increment or decrement the current correction 
50 parameter value if the differential level value is 

larger than the second threshold value based 
on a sign of the differential level value. 

22. A method of adaptively balancing input signal chan- 
55 nels of a hearing aid, the method comprising the 
steps of: 

providing a first input signal in a first input signal 
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channel associated with a first microphone, input signals, characterised In that 



providing a second input signal in a second in- 
put signal channel associated with a second mi- 
crophone, 

determining a difference in average signal level 
between the first and second input signals, 

integrating the difference in average signal lev- 
el overtime to determine a differential level val- 
ue, 

comparing the differential level value to a 
threshold value, 

adjusting a correction parameter value of at 
least one input signal channel based on the re- 
sult of said comparison to reduce the difference 
in average signal level between the first and 
second input signals. 

23. A method according to claim 22, further comprising 
the step of: 

retaining a current value of the correction pa- 
rameter if the differential level value is smaller 
than the threshold value, and 

incrementing or decrementing the current cor- 
rection parameter value if the differential level 
value is larger than the threshold value accord- 
ing to a sign of the differential level value. 

24. A method of adaptively balancing input signal chan- 
nels of a hearing aid, the method comprising the 
steps of: 

providing a first input signal in a first input signal 
channel associated with a first microphone, 

providing a second input signal in a second in- 
put signal channel associated with a second mi- 
crophone, 

calculating a spectral estimate of a first signal, 



the spectral estimate is compared to a prede- 
termined criteria to control the adjustment of 
5 the correction parameter value. 

25. A method according to claim 24, comprising the fur- 
ther steps of: 

10 suspending the adjustment of the correction 

parameter value when the spectral estimate 
fails to fulfil the predetermined criteria. 

26. A method of adaptively balancing input signal chan- 
'5 nels of a hearing aid, the method comprising the 

steps of: 

providing a first input signal in a first input signal 
channel associated with a first microphone, 

20 

providing a second input signal in a second in- 
put signal channel associated with a second mi- 
crophone, 

25 determining a difference in average signal level 

between the first and second input signals, 

comparing the difference in average signal lev- 
el to a threshold value, 

30 

integrating the difference in average signal lev- 
el over time when the difference in average sig- 
nal level is smaller than the threshold value to 
determine a differential level value, 

35 

suspending the integration of the difference in 
average signal level when the difference in av- 
erage signal level is larger than the threshold 
value, 

40 

adjusting a correction parameter value of at 
least one input signal channel based on the dif- 
ferential level value to reduce the difference in 
average signal level between the first and sec- 
45 ond input signals. 



determining a difference in average signal level 
between the first and second input signals, 

50 

integrating the difference in average signal lev- 
el overtime to determine a differential level val- 
ue; 

adjust a correction parameter value of at least 55 
one input signal channel based on the differen- 
tial level value to reduce the difference in aver- 
age signal level between the first and second 
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